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(54) Speech signal bandwidth compression and expansion apparatus, and bandwidth compressing 
speech signal transmission method, and reproducing method. 

(57) A speech signal bandwidth compression and 
expansion apparatus and its method. On the 
transmitting side, system parameters (ai) are 
extracted (103) from a speech signal by a linear 
prediction analyzer. A prediction residual signal 
(x'(nAT)) is obtained by inverse filtering proces- 
sing by using the system parameters. The predi- 
ction residual signal is lowered in sampling rate 
by a down-sampler (109) and converted to a 
baseband signal (x'(nAt)). From the baseband 
signal, a time series signal is derived by a linear 
prediction synthesizer (110). Thereafter, the 
time series signal is converted to an analog 
signal and transmitted. On the receiving side, a 
received signal is subjected to inverse filtering 
processing to reproduce a baseband signal. 
The sampling rate of the reproduced baseband 
signal is raised to derive a time series signal. 
From the time series signal, a high frequency 
band component is generated. The high fre- 
quency band component is added to the 
baseband signal to generate an excitation sig- 
nal. From the excitation signal, the original 
speech signal is reproduced by a linear predic- 
tion synthesizer. 
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The present invention relates to a bandwidth compression apparatus making possible bandwidth compres- 
sion of speech signals in the state of analog signals, and in particular to a speech signal bandwidth compression 
and expansion apparatus suitable for analog transmission on narrow band radio transmission channels. 
In recent years, use of radio transmission lines have gone on increasing. On the other hand, the radio f re- 
5 quency bands are finite resources. Therefore, compression of the occupied bandwidth is demanded strongly 
from not only the aspect of cost reduction but also the aspect of effective use of resources. 

To take the instance of speech signal transmission as an example, the frequency band of human speech 
signals typically extends over several kilohertz although there is an individual difference. For transmission 
thereof, therefore, a transmission system having a frequency band of several kilohertz in the same way is need- 
10 ed. If the occupied bandwidth can be compressed without impairing articulation required for information trans- 
mission using speech, the cost required for the transmission system can be reduced. 

From the past, therefore, various bandwidth compression techniques for speech signals have been pro- 
posed. In an example of known bandwidth compression techniques for speech signals, bandwidth compression 
of speech signals is attained by grasping the human vocal organ as a kind of autoregression system, simulating 
15 a speech signal as a signal generated by this autoregression system, and extracting system parameters by 
using prediction analysis. Examples are disclosed in the following papers. 

(1) "Residual-excited linear prediction vocoder with spectral flattener utilizing the learning identification 
method (LI-RELP)", The Transactions of the Institute of Electronics, Information and Communication En- 
gineers, vol. J68-A, No. 5, pp. 489-495, May 1985. 
20 (2) "The residual-excited linear prediction vocoder with transmission rate below 9.6 kbit/s", IEEE Trans- 

actions on Communications, vol. COM-23, no. 12, December 1975, pp. 1466-1474. 
In techniques described in the aforementioned papers, attention is not paid to the fact that system para- 
meters are obtained as digital numerical information and there is a problem in application to an analog signal 
transmission system. 

25 An aspect of the present invention can provide a speech signal bandwidth compression and expansion 

apparatus capable of processing a signal in the state of analog waveform in spite of use of system parameters 
for bandwidth compression and capable of performing bandwidth compressed transmission via an analog sig- 
nal transmission channel by using A/D conversion and D/A conversion. 

Another aspect of the present invention can provide a bandwidth compressed transmission method for 

30 compressing the occupied bandwidth of a signal and transmitting the signal by using an analog signal trans- 
mission channel without impairing articulation of the speech signal, and a reproduction method for reproducing 
the original speech signal from the resultant narrow band analog signal. 

The above described properties may be achieved by embedding spectrum information of a speech signal 
into a narrow band analog waveform in the form of autocorrelation, transmitting the signal from the transmitting 

35 side with a reduced sampling rate, and restoring the sampling rate to the original sampling rate on the receiving 
side. 

Thereby, it may become possible to transmit system parameters in the state of an analog waveform. As a 
result, a principal part of a speech signal can be transmitted sufficiently faithfully. Bandwidth compression with 
both a high quality and a high efficiency can thus be obtained. 

40 More concrete description will now be given. First of all, a principal part of a speech signal, i.e., a low fre- 

quency band component is transmitted as it is, in the form of an analog waveform as a baseband signal. Then 
transmission of system parameters are performed by supplying the above described baseband signal to an 
autoregression system using system parameters and embedding the system parameters into the baseband 
signal of an analog waveform in the form of autocorrelation information. 

45 The above described properties can be achieved by using the configuration heretofore described. In order 

to realize speech communication of a higher quality, however, a low frequency noise signal is added to the 
above described baseband signal. The low frequency noise signal takes charge of transmission of components 
having gentle changes included in the autocorrelation information. On the receiving side, the low frequency 
noise signal is removed after the system parameters have been extracted. 

so In parallel therewith, the power level of the low frequency noise signal is linked to the power level of a high 

frequency band component of the speech signal. Thereby, the power level of the high frequency band com- 
ponent of the speech signal which is not directly transmitted is conveyed. 

It is now assumed that the lower limit frequency and upper limit frequency of the frequency band of a 
speech signal y(nAt) to be transmitted are f L and f m , respectively, where At = 1/2f m and y(nAt) repr sents a 

55 value of the speech signal at time nAt (where n is an integer). 

Description will now given by taking the case where linear prediction coefficients are used as system para- 
meters as an example. Linear prediction analysis is applied to the speech signal to derive linear prediction coef- 
ficients a, (i = 0, 1, 2 N-1) and a prediction residual signal x(nAt), where x(nAt) is the value of the prediction 
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residual at time nAt. 

A high frequency band component offJC (C > 1) or above is removed from the prediction residual signal 
x(nAt). A low frequency noise signal having a component of f L or below is added thereto to derive a baseband 
signal x'(nAt). Then this baseband signal x'(nAt) is applied to an autoregression system having ai as regression 
coefficients. An output signal w(nAT) is thus obtained. 

Since the autoregression system is linear, this output signal w(nAT) does not contain the high frequency 
band component of 1JC or above, either. And w(nAT) is the value of the output signal at time nAT (where n is 
an integer), and AT = C/2f m . 

Both the speech signal y(nAt) and the output signal w(nAT) have the same linear prediction coefficients 
a,. However, the upper limit frequency of the speech signal y(nAt) is f m , and the upper limit frequency of the 
output signal w(nAT) is i„JC. Between prediction sampling intervals, therefore, there is a relation AT = CAL 

Since both the speech signal y(nAt) and the output signal w(nAT) thus have the same linear prediction coef- 
ficients a,, spectrum information possessed by the original speech signal y(nAt) can be transmitted faithfully 
by simply transmitting the output signal w(nAT) having a narrow band analog waveform. 

However, the spectrum information used here is information in the form of linear prediction coefficients 
(system parameters) and it is not the frequency spectrum itself. This frequency spectrum itself is regenerated 
on the receiving side by an excitation signal and an autoregression system. 

In the drawings: 

Fig. 1 is a block diagram showing the configuration of a transmitting side in an embodiment of a speech 

signal bandwidth compression and expansion apparatus according to the present invention; 

Fig. 2 is a block diagram showing the configuration of a receiving side in an embodiment of a speech signal 

bandwidth compression and expansion apparatus according to the present invention; 

Fig. 3 is a block diagram showing the configuration of a transmitting side in another embodiment of a 

speech signal bandwidth compression and expansion apparatus according to the present invention; 

Fig. 4 is a block diagram showing the configuration of a receiving side in another embodiment of a speech 

signal bandwidth compression and expansion apparatus according to the present invention; 

Fig. 5 is a block diagram showing the configuration of a transmitting side in still another embodiment of 

a speech signal bandwidth compression and expansion apparatus according to the present invention; 

Fig. 6 is a block diagram showing the configuration of a transmitting side in yet another embodiment of a 

speech signal bandwidth compression and expansion apparatus according to the present invention; 

Fig. 7 is a diagram illustrating an example of a linear prediction analyzer in an embodiment of the present 

invention; and 

Fig. 8 is a diagram illustrating an example of a linear prediction synthesizer in an embodiment of the present 
invention. 

Hereafter, a speech signal bandwidth compression and expansion apparatus according to the present in- 
vention will be described in detail by referring to illustrated embodiments. 

First of all, Fig. 1 is a block diagram showing the configuration of a transmitting side in an embodiment of 
a speech signal bandwidth compression and expansion apparatus according to the present invention. Aspeech 
signal y(t) to be transmitted is supplied to an input terminal 1 01 . The speech signal y(t) is first sampled by an 
A/D (analog-digital) converter 1 02 to generate a digital signal y(nAt). A signal y(t) is the value of a speech signal 
attime t. As described above, the signal y(nAt) is the value of a speech signal at time nAt (where n is an integer). 

It is now assumed that a lower limit frequency f L of the frequency component of the original speech signal 
y(t) is f L = 300 Hz, an upper limit frequency f m is f m = 4000 Hz, and a sampling time interval At is At = 1/(2f m ) 
= 125 us (sampling frequency is 8 kHz). 

Then this digital speech signal y(nAt) is grasped as a signal of autoregression type. By using linear pre- 
diction coefficients a, as system parameters, the following definition is formulated. 

N-l 

y(nAt) = x(nAt) - £ a L - y {(n-i)At> (1) 
i=l 

The first term of the right side represents a tone source signal caused by vibration of vocal cords or expiration 
in a human mechanism of speech production. The second term represents the filtering function conducted by 
a human vocal tract. 

The speech signal y(nAt) outputted from the A/D converter 1 02 is supplied to a linear prediction (LP) ana- 
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lyzer 103 and an inverse filter 104. In th linear prediction analyzer 103, estimated values of linear prediction 

coefficients a, (i = 1 , 2, 3 N-1) are derived. In the inverse filter 104, computation according to the following 

equation (2) is conducted on the time series digital speech signal y(nAt) by using the linear prediction coeffi- 
cients a). A prediction residual signal x(nAt) is thus obtained. The linear prediction analyzer 103 and the inverse 
filter 104 form a linear prediction system. 



N-1 

x(nAt) = y(nAt) + Z a L • y {(n-i)At} (2) 
i = l 

This prediction residual signal x(nAt) outputted from the inverse filter 1 04 contains frequency components 
renging from f L to f m . By using a low-pass filter 105 and a high-pass filter 106 having fm/C as the cutoff fre- 
quency, the prediction residual signal x(nAt) is split into a low frequency component ranging from f L to fJC 
and a high frequency component ranging from f^C to f m . The low frequency component f L to fJC is added to 
the output of a variable gain amplifier 107 and a resultant sum is supplied to a down-sampler 109. The high 
frequency component ranging from fm/C to f m is used as a gain control signal of the variable gain amplifier 
107. 

A noise signal generator 108 generates a low frequency noise signal having a frequency range from 0 Hz 
to f L Hz. This noise signal is supplied to the variable gain amplifier 107. 

From the output of the variable gain amplifier 107, therefore, a low frequency noise signal having a power 
level controlled so as to be linked to the power level of the high frequency component ranging from fm/C to f m 
of the residual signal x(nAt) is obtained. The low frequency noise signal and the low frequency component rang- 
ing from f L to fm/C of the residual signal x(nAt) are added together. A resultant sum is inputted to the down- 
sampler 109 as a time series signal x'(nAt). 

This time series signal x'(nAt) has a frequency component ranging from 0 to fJC. In the down-sampler 
109, the time series signal x'(nAt) is thinned out to lower the sample rate. The time series signal x'(nAt) is thus 
converted to a baseband signal x'(nAT). 

The following relation holds true. 

AT = CAt 

Assuming now that C = 5, the sample rate is reduced to 1/5 and the sampling time interval becomes AT = 625 
us. 

Then this baseband signal x'(nAT) is supplied to a linear prediction (LP) synthesizer 110. By using linear 
prediction coefficients aj (i = 1 , 2, 3 N-1) derived by the linear prediction analyzer 103 as regression coef- 
ficients, computation of an autoregression system according to the following equation (3) is conducted on th 
baseband signal x'(nAT) to obtain a narrow band time series signal w(nAT). 



N-1 

w(nAT) = x'(nAT) - E a L • w {(n-i)AT} (3) 
i=l 

Then the narrow band time series signal w(nAT) obtained at the output of the linear prediction synthesizer 
110 is supplied to a D/A (digital-analog) converter 111 and restored to a signal of an analog waveform. A narrow 
band analog signal w(t) is thus obtained at an output terminal 112. 

As for this narrow band analog signal w(t), it contains a frequency component of 0 to fJC, i.e., 0 to 800 

Hz. 

On the other hand, the frequency component of the original speech signal y(t) has a lower limit frequency 
f L = 300 Hz and an upper limit frequency f m = 4000 Hz as described above. In this embodiment, C = 5. Therefore, 
the frequency range of 300 Hz to 4000 Hz is compressed to 1/C. That is to say, bandwidth compression is 
performed, resulting in a frequency range of 0 Hz to 800 Hz. 

The narrow band analog signal w(t) thus obtained at the output terminal 112 is carried by a analog signal 
transmission system, such as a communication medium like a telephone circuit or a radio channel and trans- 
mitted to the rec iving side. 

Fig. 2 is a block diagram showing the configuration of the receiving side in an embodiment of a speech 
signal bandwidth compression and expansion apparatus according to th present invention. The narrow band 
analog signal w(t) transmitted from the transmitting side shown in Fig. 1 is supplied to an input terminal 201 . 
First of all, the narrow band analog signal w(t) is sampled by an A/D (analog-digital) converter 202. Conversion 
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to a time series digital signal w(nAT) is thus performed. 

Then this time series digital signal w(nAT) is supplied to a linear pr diction analyzer 203 and an inverse 

filter 204. In the linear prediction analyzer 203, values of linear prediction coefficients a, (i = 1. 2. 3 N-1 ) 

are restored by linear prediction analysis. 

On the other hand, in the inverse filter 204, computation according to the following equation (4) is con- 
ducted on the time series digital speech signal w(nAT) by using the linear prediction coefficients a,. A repro- 
duced baseband signal x'fnAT) is thus obtained as a prediction residual signal. Thereby, a linear prediction 
system is formed. 

N-1 

x'(nAT) = w(nAT) + £ a t • w {(n-i)AT} (4) 

i = l 



Then this reproduced baseband signal x'(nAT) is supplied to an up-sampler 205. The up-sampler 205 con- 
ducts processing of inserting 0 in sample positions of the baseband signal x'(nAT) thinned out by the down- 
sampler 109 of the transmitting side. Thereby the sampling rate is increased and a reproduced time series 
signal x'(nAt) having the original sampling frequency is obtained. Therefore, this sampling rate At becomes At 
= 125 us. 

Subsequently, this reproduced time series signal x'(nAt) is supplied to a band-pass filter 206 and a low- 
pass filter 207. 

First of all, in the band-pass filter 206, a low frequency component ranging from f u to iJC of the reproduced 
time series signal x'(nAt) is extracted. This low frequency component is supplied to a linear prediction syn- 
thesizer 210 together with the output of a variable gain amplifier 208. 

This low frequency component of f L to iJC extracted from the band-pass filter 206 is supplied to a high 
frequency band signal generator 209 as well. From this high frequency band signal generator 209, a high fre- 
quency band signal having a frequency band of WC to f m is generated. The high frequency band signal is sup- 
plied to the input of the variable gain amplifier 208. 

On the other hand, a low frequency component ranging from 0 to f L of the reproduced time series signal 
x'(nAt) is extracted in the low-pass filter 207. According to the power level of the low frequency component, 
the gain of the variable gain amplifier 208 is controlled. 

From the variable gain amplifier 208, therefore, there is outputted a high frequency band signal having 
the same frequency component of iJC to f m and having a power level linked to that of the low frequency com- 
ponent of 0 to f u of the reproduced time series signal x'(nAt) and consequently having a power level equal to 
that of the high frequency band component of f m /C to f m of the prediction residual signal x(nAt) on the trans- 
mitting side. The high frequency band signal and the low frequency component of f L to iJC extracted from 
the band-pass filter 206 are added together. An excitation signal x"(nAt) is thus obtained. The excitation signal 
x"(nAt) is supplied to the linear prediction synthesizer 210. 

This excitation signal x"(nAt) has already been restored to a signal having the original sampling frequency, 
because its original reproduced time series signal x'(nAt) has a sampling rate increased by the up-sampler 205. 

Therefore, the sampling time interval of the excitation signal x"(nAt) is 125 us. In addition, its frequency 
component has already been restored to the range of f u to f m (300 to 4000 Hz). 

In the linear prediction synthesizer 210, computation of autoregression system according to the following 
equation (5) is conducted on the excitation signal x"(nAt) by using, as autoregression coefficients, linear pre- 
diction coefficients a, (i = 1, 2, 3 N-1) derived by the linear prediction analyzer 203. A reproduced speech 

signal y'(nAt) including a time series signal is thus obtained. 



N-1 

y'(nAt) = x"(nAt) - 2 a t • y' {(n-i)At} (5) 
i=l 

The reproduced speech signal y'(nAt) obtained at the output of the linear prediction synthesizer 21 0 is sub- 
sequently supplied to a D/A converter 211 and restored to a signal having an analog waveform. An analog 
speech signal y'(t) is obtained at an output terminal 212. 

Equation (5) representing the reproduced speech signal y'(nAt) and equation (1) representing the onginal 
speech signal y(nAt) of th transmitting side are written together below for comparison. 
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N-l 

y(nAt) = x(nAt) - 2 ai • y {(n-i)At} (1) 



N-l 

y'(nAt) = X "(nit) - s aj . - {(n-i)At} (5) 
i=l 

10 

As apparent from comparison of these equations, they differ only in that the first term of the right side is 
the prediction residual signal x(nAt) in the original speech signal y(nAt) of equation (1 ) whereas it is the exci- 
tation signal x"(nAt) in the reproduced speech signal y'(nAt) of equation (5). 

As evident from the foregoing description, the prediction residual signal x(nAt) is completely the same as 
15 the excitation signal x"(nAt) in the frequency range of f u to f m /C. In the frequency range of fJC to f m , the high 
frequency band component of the original speech signal y(nAt) has been replaced by a high frequency band 
generation component having an equal power level. 

In this embodiment, however, spectrum information of speech is extracted as linear prediction coefficients 

a, (i = 1,2, 3 N-1) and transmitted. Even if a part of speech information is replaced by this high frequency 

20 band generation component, therefore, loss of the speech information can be suppressed to very little and 
sufficiently clear speech can be reproduced, while the frequency band is sufficiently compressed on the trans- 
mission channel. 

In the configuration of the above described embodiment, the high-pass filter 106, the variable gain am- 
plifier 107 and the noise signal generator 108 of the transmitting side, and the band-pass filter 206, the low- 

25 pass filter 207 and the variable gain amplifier 208 of the receiving side are auxiliary means for speech com- 
munication. Even in the configuration without these means, spectrum information of speech is transmitted as 
linear prediction coefficients and hence speech communication of a predetermined quality can be performed. 
As a matter of course, however, speech communication of a higher quality can be performed by adding th 
above described auxiliary means to the configuration as in the above described embodiment. 

30 In the embodiment shown in Figs. 1 and 2, the degree (N-1) of the linear prediction coefficients a; of the 

linear prediction analyzer 103 is typically limited to approximately 8 to 12 from the viewpoint of practical use. 
If the degree (N-1) has a value of approximately 8 to 12, a low frequency spectrum called speech pitch remains 
in the prediction residual signal x(nAt) outputted from the inverse filter 104. 

As a result, however, pitch information remains in the narrow band analog signal w(t) as well. Since th 

35 remaining pitch information is extracted as prediction coefficients in the linear prediction analyzer 203 of the 
receiving side, the prediction coefficients ai of the receiving side are not restored so as to faithfully reflect the 
original value of the transmitting side. Therefore, there is a fear that speech may be somewhat degraded. 

Increasing the above described degree of the prediction coefficients by a digit or so in order to suppress 
the remaining pitch information is not very practical, because a more complicated configuration increases the 

40 cost and delays signal processing. 

An embodiment of the present invention with due regard to this point will hereafter be described. 
Figs. 3 and 4 show another embodiment of the present invention. Fig. 3 shows the configuration of a trans- 
mitting side. Fig. 4 shows the configuration of a receiving side. Components which are identical with or cor- 
respond to those of the embodiment shown in Figs. 1 and 2 are denoted by like characters and detailed d - 

45 scription thereof will be omitted. 

First of all, in the transmitting side shown in Fig. 3, processing as far as the down-sampler 1 09 is identical 
with that of the embodiment shown in Fig. 1. The embodiment of Fig. 3 differs from the embodiment of Fig. 1 
in that a second linear prediction analyzer 301 , a second inverse filter 302, and a second linear prediction syn- 
thesizer of autoregression system type 303 have been added between the down-sampler 109 and the linear 

so prediction synthesizer 11 0. Herein, therefore, the linear prediction analyzer 1 03 is referred to as first linear pr - 
diction analyzer, and the inverse filter 1 04 and the linear prediction synthesizer 1 1 0 are also referred to as first 
inverse filter and first linear prediction synthesizer, respectively. 

The rec iving side shown in Fig. 4 differs from the embodiment shown in Fig. 2 in that a down-sampl r 
401, a fourth linear prediction analyzer 402 and a fourth linear prediction synthesizer 403 of auto-regression 

55 system type are added between the inverse filter 204 and the up-sampler 205 and accordingly insertion pos- 
itions of the band-pass filter 206 and the low-pass filter 207 are changed. Herein, therefore, the inverse filter 
204 is referred to as second inverse filter, and the linear prediction analyzer 203 and the linear prediction syn- 
thesizer 210 are referred to as third linear prediction analyzer and third linear prediction synthesizer, respec- 

6 
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tively. 

Operation of this embodiment will now be described. 

By the way, in this embodiment, the lower limit frequency of the frequency component of the original 
speech signal y(t) is f L = 300 Hz and the upper limit frequency thereof is f m = 3400 Hz. On the other hand, the 
sampling frequency is equally 8 kHz. Therefore, the sampling time interval At is also equally 125 us. 

First of all, the transmitting side of Fig. 3 will now be described. As described above, a baseband signal 
x'(nAT) reduced in sample rate to 1/5 so as to have a sampling frequency of 1.6 kHz (sampling time interval 
AT = 625 us) appears at the output of the down-sampler 1 09. 

This baseband signal x'(nAT) is inputted to the second linear prediction analyzer 301 again. In the second 
linear prediction analyzer 301, linear prediction coefficients a," associated with the pitch component are ex- 
tracted. 

By using the linear prediction coefficients a,' associated with the pitch component, the pitch component 
is removed in the second inverse filter 302 from the baseband signal x'(nAT). A baseband signal x"(nAT) which 
does not contain the pitch component is obtained at the output of this inverse filter 302. 

At the same time, the second linear prediction synthesizer 303 also conducts linear prediction synthesizing 
processing on the low-frequency white noise signal supplied from the noise signal generator 108 by using the 
linear prediction coefficients a,' associated with the pitch component. The output of the second linear prediction 
synthesizer 303 is inputted to the variable gain amplifier 107 to derive a low frequency noise signal x,_ N (nAT) 
having a power level controlled so as to be linked to the power level of the high frequency component f m /C to 
f m of the residual signal x(nAt). 

Thereafter, the baseband signal x"(nAT) outputted from the inverse filter 302 and the low frequency noise 
signal x LN (nAT) outputted from the variable gain amplifier 107 are added together. A resultant sum is supplied 
to the first linear prediction synthesizer 110 as an excitation input signal thereof. 

Assuming now that the narrow band time series signal outputted from the first linear prediction synthesizer 
110 is a time series digital signal w'(nAT), therefore, it is expressed by the following equation (6). 



N-l 

W(nAT) = Xu( (nAT)+x"(nAT)- E ai • w'{(n-i)AT} (6) 



The term XL N (nAT) of the right side of this equation is a signal component having a frequency component 
of 60 to 300 Hz and containing spectrum parameters associated with pitch information. It can be appreciated 
that the term x"(nAT) is a signal component which has a frequency component of 300 to 750 Hz and which 
does not contain the spectrum parameters associated with the pitch information. 

In the same way as the embodiment of Fig. 1 , the narrow band time-series digital signal w'(nAT) obtained 
at the output of the linear prediction synthesizer 110 is thereafter supplied to the D/A (digital-analog) converter 
111 and restored to a signal having an analog waveform. A narrow band analog signal w'(t) is thus obtained at 
the output terminal 112. 

This narrow band analog signal v/(t) is carried by an analog signal transmission system, such as a tele- 
phone circuit or a radio channel and transmitted to the receiving side. 

On the receiving side shown in Fig. 4, a time series digital signal w'(nAT) is supplied to the third linear pre- 
diction analyzer 203 and values of the linear prediction coefficients a, are restored. 

The narrow band time-series digital signal w"(nAT) has components expressed by equation (6). 



N-l 

w'(nAT) = XLH(nAT)+x" (nAT)- E a L • w'-{(n-i)AT> (6) 



The pitch component is contained only in x,. N (nAT), and the frequency component of x,_ N (nAT) is limited to 
a low frequency band of 300 Hz or below. Therefore, the influence of the pitch component does not appear in 
low degree linear prediction coefficients such as eighth to twelfth. Ther fore, linear prediction coefficients a, 
outputted from the third linear prediction analyzer 203 are not influenced by the pitch information. The same 
values as those of the original linear prediction coefficients a, on the transmitting side are restored faithfully. 

If computation according to the following equation (7) is conducted on the time-series digital signal w"(nAT) 
in the second inverse filter 204 by using the linear prediction coefficients a,. x^nAT) + x"(nAT) is obtained 
as a prediction residual signal. 
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Xu,(nAT) + x"(nAT) = 
N-1 

W(nAT) + E a t • w" {(n-i)AT} (7) 



From this prediction residual signal, a low frequency noise signal component is removed and a primary 
reproduced baseband signal x"(nAT) is taken out by the band-pass filter 206. The low frequency noise signal 
10 x tN (nAT) is extracted by the low-pass filter 207. Pitch information is not contained in the primary reproduced 
baseband signal x"(nAT), but contained in only the low frequency noise signal x LN (nAT). 

This low frequency noise signal x LN (nAT) is inputted to the down-sampler 401 to thin out data with a lower 
sampling frequency of 320 Hz. The thinned out signal is supplied to the fourth linear prediction analyzer 402. 
Spectrum parameters associated with pitch information are thus obtained. By using the pitch spectrum para- 
15 meters, the fourth linear prediction synthesizer 403 conducts prediction synthesizing processing on the pri- 
mary reproduced baseband signal x"(nAT). The reproduced baseband signal x'(nAT) is thus restored. 

Succeeding processing for obtaining the reproduced speech signal y'(nAt) from the reproduced baseband 
signal x'(nAT) and obtaining the analog speech signal y'(t) at the output terminal 212 is the same as that of 
the embodiment shown in Fig. 2. 
20 In the embodiment shown in Figs. 3 and 4, therefore, residual of pitch information can be sufficiently sup- 

pressed without increasing the degree of the prediction coefficients and the cost increase and delay of signal 
processing can be certainly suppressed without degrading speech. 

Each element in the above described embodiment will now be described. 

First of ail, the linear prediction analyzers 1 03, 203, 301 and 402 have a function of, for example, executing 
25 processing in accordance with an algorithm shown in Fig. 7, calculating an autocorrelation function of a speech 
signal Sn, and determining coefficients a, (i = 1, 2, 3, ... , N-1). 

Although not especially needed to understand the present invention, details of this linear prediction ana- 
lyzer are described in pp. 43-50 of "Computer speech processing", « Electronic science series », published by 
Sanpo publishing Ltd. on June 10, 1980, for example. 
30 Inverse filtering processing conducted by the inverse filters 104, 204 and 302 is processing of knowing 

the above described coefficients a, (i = 1, 2, 3 N-1) beforehand and calculating a residual signal such as 

the signal x(nAt) on the basis of the coefficients. That is to say, computation is conducted in accordance with 
the above described equation (2). 

The linear prediction synthesizers 110, 210, 303 and 403 conduct computation in accordance with th 
35 above described equation (3). The linear prediction synthesizers 11 0, 210, 303 and 403 have a function of syn- 
thesizing a speech signal by using the residual signal and processing shown in Fig. 8. 

Although not especially needed to understand the present invention, details of this linear prediction syn- 
thesizer are also described in pp. 50-53 of the aforementioned "Computer speech processing", « Electronic 
science series », published by Sanpo publishing Ltd. on June 10, 1980, for example. 
40 In the embodiments of the receiving side shown in Figs. 2 and 4, the high frequency band signal generator 

209 is used. Instead of this, a white noise signal generator or an M series noise signal generator may be used. 

The reason why the high frequency band signal generator 209 is used in the embodiments to obtain a noise 
signal from a low frequency component f L to fJC of the reproduced time-series signal x'(nAt) is that it is said 
that a better speech quality is obtained by doing so. 
45 This high frequency band signal generator 209 is configured so as to full-wave rectify an inputted signal, 

then emphasize the high frequency band, and take out only the component of a predetermined frequency such 
as 750 Hz or above. 

In the configuration of the above described embodiments, the high-pass filter 106 and the variable gain 
amplifier 107 of the transmitting side, and the variable gain amplifier 208 of the receiving side are auxiliary 
so means for speech communication. Even in the configuration without these means, spectrum information of 
speech is transmitted as linear prediction coefficients and hence speech communication of a predetermined 
quality can b performed. As a matter of course, however, speech communication of a higher quality can be 
performed by adding the above described auxiliary means to the configuration as in the above described em- 
bodiments. 

55 In the embodiment shown in Fig. 3, the noise signal generator 108 is provided to obtain a low frequency 

white noise signal for transmitting pitch information and the high-pass f ilt r 106 and the variable gain amplifier 
107 are provided to link the output level of the noise signal generator 108 to the power level of the high fre- 
quency component of the residual signal. Fig. 5 shows another embodiment taking the place thereof and ob- 
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taining a required low frequency noise signal by using a simpler circuit configuration. In Fig. 5, components 
which are identical with or correspond to those of the embodiment of Fig. 3 are denoted by like characters and 
detailed description thereof will be omitted. 

In the embodiment of Fig. 5. the high-pass filter 106, the variable gain amplifier 1 07 and the noise signal 

5 generator 108 included in the embodiment of Fig. 3 are removed and a down-sampler 304 and an up-sampler 
305 are added. A part of output of the inverse filter 302 is reduced in sample rate to one fifth by the down- 
sampler 304. A resultant signal having a sample frequency of 320 Hz is supplied to the linear prediction syn- 
thesizer 303. The output of the inverse filter 302 is equivalent to the original speech signal with the formant 
component and pitch component removed. Therefore, the output of the inverse filter 302 can be regarded as 

10 nearly perfect white noise. By down-sampling the output of the inverse filter 302, it is converted to low fre- 
quency white noise. Its power level is nearly proportionate to the power level of the baseband signal x"(nAT). 
Since the power level of the baseband signal x"(nAT) can be considered to be nearly also linked to the power 
level of the high frequency component of WC to f m of the residual signal x(nAt), the desired lowfrequency noise 
signal x^nAT) can be obtained by up-sampling the output of the linear prediction synthesizer 303 in the up- 

15 sampler 305. 

In the embodiment shown in Fig. 3 or Fig. 5. linear prediction coefficients a ( ' associated with the pitch in- 
formation i.e., the pitch component are obtained by making a linear prediction analysis on the low frequency 
band residual signal of 300 to 750 Hz. Denoting the fundamental frequency of the pitch component by f p , f p 
extends over a wide range of 50 Hz (male low-frequency speech) to 500 Hz (female high-frequency speech). 

20 If f p is 300 Hz or above, f p is contained in the range of the above described low frequency band signal of 

300 to 750 Hz. By the above described linear prediction analysis, accurate pitch information is extracted. 

If f p is 250 Hz or below, f p is not contained in the range of the low frequency band signal of 300 to 750 Hz, 
but a plurality of higher harmonics such as 2f p , 3f p , ... are contained therein. When a high frequency band is 
to be generated on the receiving side from the pitch information derived on the basis of the harmonics, the 

25 pitch component can be reproduced by using a modulation product such as 3f p - 2f p = f p . 

In case f p is above 250 Hz and below 300 Hz, only the second harmonic 2f p is contained in the low frequency 
band residual signal. If a linear prediction analysis is made on the basis of the second harmonic 2f p , an erro- 
neous result having 2f p as the pitch component is obtained. This is called double pitch extraction and changes 
speech to falsettos. If this phenomenon frequently occurs, it becomes a major cause of speech quality deg- 

30 radation. 

Fig. 6 shows an embodiment in which this point has been improved. In Fig. 6, components which are iden- 
tical with or correspond to those of the embodiment shown in Fig. 3 or 5 are denoted by like numerals and 
detailed description thereof will be omitted. 

As compared with the embodiment of Fig. 5, in the embodiment of Fig. 6, a nonlinear circuit 306 is inserted 
35 after the inverse filter 104 and besides low-pass filters 307 and 309 and a high-pass filter 308 is added. 

As the nonlinear circuit 306, any circuit can be generally used so long as there is a nonlinear relation be- 
tween its input and its output As the simplest circuit, however, an absolute value circuit outputting the absolute 
value of its input, i.e., a full wave rectifier circuit can be used. 

The output of the inverse filter 104 has a frequency band of 300 to 3400 Hz. Upon being subjected to non- 
40 linear processing in the nonlinear circuit 306, a frequency band of 0 to 3,400 Hz or above is caused by mod- 
ulation product. Even if f p is 300 Hz or below, components such as f p , 2f p , ... are generated within the band of 
0 to 300 Hz. 

The output of the nonlinear circuit is passed through the band-pass filter 105 and consequently converted 
to a signal having a frequency band of 0 to 750 Hz. The resulting signal is subjected to down-sampling and 
45 linear prediction analysis in the linear prediction analyzer 301. As a result, accurate pitch information can be 
always extracted irrespective of f p . 

In the embodiment of Fig. 5, the output of the inverse filter circuit 302 has a frequency band of 300 to 750 
Hz. In the embodiment of Fig. 6, the output of the inverse filter circuit 302 has a frequency band of 0 to 750 
Hz. Therefore, the output is divided into a high frequency band component of 160 Hz or above and a low fre- 
so quency band component of 160 Hz or below by the high-pass filter 308 and the low-pass filter 307. The low 
frequency band component is subjected to linear prediction synthesis using pitch information and passed 
through the low-pass filter 309. The output of the low-pass filter 309 is combined with the output of the above 
described high-pass filter 308 to produce a baseband signal. 

In the embodiments heretofore described, a speech signal y(nAt) has been defined by the above described 
55 equation (1) and predicti n analysis has been considered to be deriving prediction coefficients a, (i = 1 , 2, 3, ... , 
N-1). However, implementation is not limited to this. Prediction analysis processing in the present invention is 
not limited to the above described embodiments. 

Typically, by describing a speech signal in a z-transform form and supposing that relation 
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y(z) = x(z)/1 + F(z-1) 

holds true, F(z~ 1 ) is identified. Various methods fordoing this are known. The prediction analysis in the present 
invention includes all of them. 

And the linear prediction system in the present invention means every system for deriving x(z) from y(z) 
by the following relation. 

x(z) = {1 + F(z-i)} y(z) 

The autoregression system in the present invention means every system for deriving y(z) from x(z) by the fol- 
lowing relation. 

y(z) = x(z)/1 + F(z-i) 

According to the present invention, system parameters used for analysis and synthesis of a speech signal 
are embedded in a narrow band analog signal and transmitted. Therefore, it becomes easy to obtain a speech 
signal bandwidth compression and expansion apparatus making possible transmission over a narrow band 
analog transmission system in addition to conversion of sampling rate. 

Furthermore, according to the present invention, the low frequency component forming a principal part of 
the original speech signal is transmitted as it is and the low frequency component is used as a part of an ex- 
citation signal on the receiving side. Therefore, it becomes possible to easily obtain a speech transmission 
method and a reproduction method of high quality free from deterioration of articulation in spite of narrow band 
transmission. That is to say, according to the present invention, a low frequency band residual signal is used 
as the excitation signal of the receiving side. Therefore, information in a part where prediction has not come 
true is interpolated. As a result, degradation of phonemic property is little and hence high articulation can be 
maintained. 

Since narrow band transmission with high articulation maintained thus becomes possible, the cost of the 
transmission circuit can be reduced and besides limited resources, especially the radio frequency band can 
be used efficiently. 

By the way, in digital transmission methods, parameter values are updated every frame period. As a result, 
there is a fear that a discontinuous part of speech may be caused by a jump at the end of a frame. Since trans- 
mission in the form of an analog waveform is possible according to the present invention, however, the linear 
prediction coefficients also respond almost in real time. Therefore, there is no fear that discontinuity may ap- 
pear in speech. 



Claims 

1. A speech signal bandwidth compression and expansion apparatus having a transmitting side and a re- 
ceiving side, said transmitting side characterized by: 

linear prediction analyzer means (103) for extracting system parameters (a,) from a speech signal 
(y(nAt)) to be transmitted; 

a linear prediction system for conducting inverse filter processing to obtain a prediction residual 
signal (x(nAt)) from said speech signal by using said system parameters; 

filter means (105) for removing a high frequency band component of said prediction residual signal; 

down-sampler means (109) for lowering a sampling rate of an output signal of said filter means by 
a predetermined rate to obtain a baseband signal (x'(nAt)); and 

linear prediction synthesizer means (110) for obtaining a narrow band time series signal (w(nAT)) 
from said baseband signal (x'(nAt)) by using said system parameters, and 

said receiving side comprising: 

a linear prediction system for conducting inverse filter processing to generate a reproduced base- 
band signal from said narrow band time series signal; 

up-sampler means (205) for raising a sampling rate of said reproduced baseband signal by a pre- 
determined rate to obtain a reproduced time series signal; 

means for generating a high frequency band component from said reproduced time series signal; 

means for adding said generated high frequency band component to said reproduced baseband 
signal to obtain an excitation signal; and 

linear prediction synthesizer means (210) for deriving a reproduced speech signal from said exci- 
tation signal by using said system parameters. 

2. A speech signal bandwidth compression and expansion apparatus having a transmitting side and a re- 
ceiving side, said transmitting side comprising: 

first linear prediction analyzer means for extracting first system parameters (a,) associated with 
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forma nt of a speech signal to be transmitted; 

a first linear prediction system for obtaining a first prediction residual signal (x(nAt)) from said 
speech signal by using said first system parameters; 

second linear prediction analyzer means (301) for extracting second system parameters (a/) as- 
sociated with pitch of the speech signal from a low frequency band component of said first prediction re- 
sidual signal downsampled; 

a second linear prediction system for obtaining a second prediction residual signal from the low 
frequency band component of said first prediction residual signal by using said second system parame- 
ters; 

first linear prediction synthesizer means (303) for obtaining a low frequency noise signal from a 
white noise signal by using said second system parameters; 

means for adding an output signal of said first linear prediction synthesizer means to said prediction 
residual signal to obtain a baseband signal; and 

second linear prediction synthesizer means for obtaining a narrow band waveform speech signal 
from said baseband signal by using said first system parameters, and 

said receiving side comprising: 

third linear prediction analyzer means (203) for extracting said first system parameters from the 
received narrow band waveform speech signal; 

a third linear prediction system (204) for obtaining a reproduced linear prediction residual signal 
from said narrow band waveform speech signal by using said first system parameters; 

fourth linear prediction analyzer means (402) for extracting said second system parameters from 
a low frequency noise component of said reproduced linear prediction residual signal downsampled; 

filter means (206) for removing a low frequency noise component from said reproduced prediction 
residual signal; 

third linear prediction synthesizer means (210) for obtaining a first reproduced baseband signal 
from an output signal of said filter means by using said second system parameters; 

means for up-sampling said first reproduced baseband signal and then generating a high frequency 
band component; 

means for adding said generated high frequency band component to said first reproduced base- 
band signal to obtain an excitation signal; and 

fourth linear prediction synthesizer (403) means for generating a reproduced speech signal from 
said excitation signal by using said first system parameters. 

A speech signal bandwidth compression and expansion apparatus according to Claim 2, wherein said 
transmitting side further comprises means (304) for down-sampling said second prediction residual signal 
and obtaining a white noise signal and means (305) for up-sampling the output signal of said first linear 
prediction synthesizer means. 

A speech signal bandwidth compression and expansion apparatus according to Claim 2 or 3, wherein said 
transmitting side further comprises means (306) for conducting nonlinear processing on said first predic- 
tion residual signal to generate a fundamental frequency component of a low frequency pitch component. 

A speech signal bandwidth compression and expansion apparatus according to Claim 1, wherein said 
transmitting side further comprises means for adding a low frequency noise signal having a power level 
linked to a power level of a high frequency band component of said prediction residual signal to a low fre- 
quency band component of said prediction residual signal to obtain a time series signal, and means for 
lowering a sampling rate of said time series signal by a predetermined ratio to obtain a baseband signal, 
and 

wherein said receiving side further comprises means for generating a low frequency noise signal 
by linking a power level of a high frequency band component of said reproduced time series signal to a 
power level of a low frequency band component of said reproduced time series signal, and means for add- 
ing said low frequency noise signal to a high frequency band component of said reproduced baseband 
signal to obtain an excitation signal. 

A speech signal bandwidth compression and expansion apparatus according to Claim 2. wherein said 
transmitting side furth r comprises m ans for outputting said low fr quency noise signal so as t link a 
lev I of said I wfr quency noise signal to a pow r level of a high frequency band component of said first 
prediction residual signal, and means for adding an output signal of said means to said second prediction 
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signal to obtain a baseband signal, and said receiving side further comprises means for outputting said 
high f r quency component so as to link a level of said high frequency component to a power level of a 
low frequency component of the said narrow band waveform speech signal and means for adding an out- 
put signal of said means to said first reproduced baseband signal to obtain an excitation signal. 

A speech signal bandwidth compressing transmission method for sampling a speech signal to obtain (1 02) 
a sampled signal, extracting (1 03) system parameters indicating characteristics of said speech signal from 
said sampled signal, generating (104) a prediction residual signal from said sampled signal by using said 
sampled system parameters, and transmitting at least a required component of said prediction residual 
signal and information of said system parameters, said speech signal bandwidth compressing transmis- 
sion method characterized by the steps of: 

removing (105) a high frequency band component from said prediction residual signal and com- 
pressing a bandwidth of said prediction residual signal to a predetermined bandwidth; 

combining (110) said bandwidth-compressed signal with said system parameters in a form of au- 
tocorrelation; and 

converting (111) said combined signal to an analog waveform and transmitting said analog wave- 
form. 

A speech signal reproducing method for receiving a signal including at least a required component of a 
prediction residual signal of a speech signal and information of system parameters of the speech signal 
and reproducing the speech signal from the received signal, said speech signal reproducing method char- 
acterized by the steps of: 

sampling said received signal having an analog waveform and then extracting (203) said system 
parameters (a,); 

generating a prediction residual signal (x'(nAt)) from said signal by using said extracted system 
parameters; 

generating a high frequency band component from said prediction residual signal, thereafter add- 
ing said generated high frequency band component to said prediction residual signal to perform expansion 
to a predetermined bandwidth: and 

combining said expanded signal with said system parameters in a form of autocorrelation to obtain 
a reproduced speech signal. 

A speech signal bandwidth compressing transmission method according to Claim 7, further comprising 
the steps of: 

in addition to removing a high frequency band componentf rom said prediction residual signal, add- 
ing a low frequency noise signal having a power level linked to a power level of the high frequency band 
component of said prediction residual signal; 

lowering a sampling rate of said added signal to a predetermined rate and thereafter combining a 
resultant signal with said system parameters in a form of autocorrelation; and 

converting said combined signal to an analog waveform and transmitting said analog waveform. 

A speech signal reproducing method according to Claim 8, further comprising the steps of: 

generating a time series signal having a sampling rate raised to a predetermined rate from said 
prediction residual signal; 

generating a high frequency band component from said time series signal and detecting a level 
change of a low frequency noise signal contained in said time series signal; 

controlling a power level of said generated high frequency band component according to said de- 
tected level change and thereafter adding said signal to said time series signal to perform expansion to 
a predetermined bandwidth; and 

combining said expanded signal with said system parameters in a form of autocorrelation to obtain 
a reproduced speech signal. 
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(54) Speech signal bandwidth compression and expansion apparatus, and bandwidth 
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(57) A speech signal bandwidth compression and 
expansion apparatus and its method. On the transmit- 
ting side, system parameters (a|) are extracted (103) 
from a speech signal by a linear prediction analyzer. A 
prediction residual signal (x'(nAT)) is obtained by in- 
verse filtering processing by using the system parame- 
ters. The prediction residual signal is lowered in sam- 
pling rate by a down-sampler (109) and converted to a 
baseband signal (x'(nAt)). From the baseband signal, a 
time series signal is derived by a linear prediction syn- 



thesizer (110). Thereafter, the time series signal is con- 
verted to an analog signal and transmitted, On the re- 
ceiving side, a received signal is subjected to inverse 
filtering processing to reproduce a baseband signal. The 
sampling rate of the reproduced baseband signal is 
raised to derive a time series signal. From the time se- 
ries signal, a high frequency band component is gener- 
ated. The high frequency band component is added to 
the baseband signal to generate an excitation signal. 
From the excitation signal, the original speech signal is 
reproduced by a linear prediction synthesizer. 
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